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[0004] An estimation value of an impulse response between a 
speaker and a microphone output by an impulse response estimating 
portion 11 is updated on the basis of a signal input to the speaker 
and a residual echo signal output by a subtracter 15 . However . 
since the update is executed in proportion to a magnitude of 
the residual echo signal, the residual echo signal is apparently 
increased if a near end voice exists , so that the impulse response 
is updated more than necessary. As a result, the estimated 
impulse response is disturbed, thereby increasing the echo and 
causing a howling . Further , if an output of the speaker is small , 
a ratio between the echo received by the microphone and a noise 
or the near end voice becomes small, so that it is impossible 
to well estimate the impulse response. Accordingly, when the 



output of the speaker is small, or when the near end voice exists 
while the output of the speaker is large, that is, a double talk 
state is generated, it is necessary to stop the update of the 
impulse response. 



[0015] A description will be next given of a second embodiment 
for estimating the number of the sound source. A sound wave 
coming from a certain sound source depends upon a position of 
the sound source or a direction seen from a microphone array, 
and an arrival time is different in accordance with the microphone 
constituting the microphone array. Accordingly, an amplitude 
difference and a phase difference are generated between the 
signals received by the microphone. The amplitude difference 
and the phase difference are unique for the position and the 
direction of the sound source. In the case that the sound 
received by the microphone array is expressed as a vector, the 
vector always has the same direction as a vector constituted 
by the phase difference and the amplitude difference. In the 
case that a plurality of sound sources exist, the sound received 
by the microphone can be considered as an overlap of the sound 
waves from the respective sound sources. In the case of 
constructing a correlation matrix and a covar iance matrix between 
the signals received by the microphone array 24 , a vector space 
(referred to as a unique space) having the unique vector equals 



to a space having the vector constituted by the amplitude 
difference and the phase difference which are unique for the 
sound source. Accordingly, the number of the sound source can 
be estimated by knowing the number of the unique vector, that 
is, a rank of the matrix or the number of the unique value. 
[0016] 

In the case of utilizing this matter, if the number of 
the sound source is equal to or more than two at a time when 
the output is generated from the speaker, it can be determined 
that the double talk state in which the near end voice exists 
in addition to the speaker is generated. Further, a description 
will be given of a third embodiment for estimating the direction 
or the position of the sound source. As is described of the 
second embodiment, the unique space of the correlation matrix 
and the covariance matrix equals to the space having the vector 
constituted by the amplitude difference and the phase difference 
which are unique for the sound source . It is possible to analyze 
by what kind of amplitude difference and phase difference the 
vector is necessarily constituted in order to construct the 
unique space. Since the amplitude difference and the phase 
difference correspond to the position and the direction of the 
sound source, it is possible to estimate the direction and the 
position of the sound source by analyzing the correlation matrix 
and the covariance matrix. In the case of utilizing this method, 
when i't is estimated that the signal is generated from the other 



positions than the position of the speaker, it can be determined 
that the near end voice exists. The position of the speaker 
is determined at a time when an elimination of the echo is well 
executed, and is stored. 
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Fig. 2 

1: IMPULSE RESPONSE ESTIMATING PORTION 

2: CONVOLUTION PORTION 

3: DOUBLE TALK DETERMINING PORTION 

4: ANALYZING PORTION 

5: CORRELATION COMPUTING PORTION 
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Abstract of JP7250397 

PURPOSE:To improve the sound quality by 
calculating correlation or covariance between 
received sound signals and detecting a double 
talk state based on the value. 
CONSTITUTIONS correlation calculation 
section 25 calculates the correlation or the 
covariance of sound signals received by a 
microphone array 24 and a double talk 
discrimination section 27 detects a double talk 
state based on information and other signal 
obtained by an analysis section 26. The 
correlation or the covariance depends on a 
state that a sound source consists of a 
speaker 23 only or a double talk state having a 
near end sound. A set of the correlation and 
the covariance is considered as one pattern 
and the pattern is compared with a pattern of 
the correlation and co-variance in the non- 
double talk state to detect the double talk 
state. The correlation and the covariance in 
the non-double talk state only with a speaker 
output are obtained when an echo is cancelled 
in an excellent way. The technology for pattern 
identification is utilized for the comparison of 
the pattern of the correlation and the 
covariance. The pattern identification 
technology is utilized for the comparison of the 
pattern of the correlation and the covariance. 
Thus, the detection time is reduced and the 
disturbance of an impulse response estimate 
is reduced to improve the sound quality. 
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